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BACKGROUND OF THE INVENTION 

1. FIELD OF THE INVENTION: 

The present invention relates to a signal 
transmission apparatus and a signal transmission method 
both for transmitting encoded audio information. More 
specifically, the present invention relates to a signal 
transmission apparatus and a signal transmission method 
both for transmitting a plurality of pieces of encoded audio 
information having a plurality of sampling frequencies of 
F or 1/N X which are encoded by the same encoding method, 
via a digital interface to a signal reception apparatus* 

2. DESCRIPTION OP THE RELATED ART: 

Encoded audio information is transmitted from a 
signal transmission apparatus via a digital interface to 
a signal reception apparatus. 

Figure 7 is a diagram for explaining a conventional 
audio data processing apparatus 700 • The audio data 
processing apparatus 700 comprises a signal transmission 
apparatus 701 for transmitting a transmission signal 704 
Including encoded audio information, a signal reception 
apparatus 703 for receiving the transmission signal 704, 
and a digital interface 702 for mediating the transmission 
signal 704 between the signal transmission apparatus 701 
and the signal reception apparatus 703. The signal 
reception apparatus 703 may, for example, be a device for 
reproducing the transmission signal 704. 

ISO/IEC61937 is a knovm standard for transmission 
and reception of encoded audio information conducted using 
the digital interface 702. In this standard, the signal 
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tranamlselon apparatus 701 transmit© the transmission 
signal 704 including encoded audio information obtained by 
encoding a PCM (Pulse Code Modulation) signal having M 
samples per frame, in the form of a 16 -bit -and-M- sample 
stereo signal. In this case, when the size of burst 
Information including management information and encoded 
audio information is less than a block size of 16 x M x 2 
bits, the signal transmission apparatus 701 writes stuffing 
information in the unused portion of the block (stuffing 
process)^ and specifically sets the entire unused portion 
to zero, thereby generating the complete block. 

Typically, in the transmission signal 704 
transmitted from signal transmission apparatus 701, 
synchronization word information appears in each block. 
The time between the start of a block indicated by certain 
synchronization word Information and the start of another 
block indicated by the immediately following 
synchronization word information is herein referred to as 
a "repetition time". 

In the ISO/IEC61397 standard, it is assxutied that a 
stream of MPE62 audio having a low sampling frequency (LSF) 
[24 kHz, 22.05 kHz, oris kHz] is transmitted. Inthisoase^ 
the repetition time is twice as long as a repetition time 
when a stream of MPEGl audio having a sampling frequency 
of 48 kHz, 44.1 kHz, or 32 kHz is transmitted. 

A transmission clock of the digital interface 702 
which is of a typical type as described in the IS0/IEC61397 
standard Is set, assuming that the sampling frequency of 
encoded audio information to be transmitted is 48 kHz, 
44.1 kHz, or 32 kHz. 
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When different encoding methods are used to encode 
audio Information as deecrlbod above, the olgnal reception 
apparatus 703 needs to receive Information about an 
encoding method In order for the signal reception 
apparatus 703 to correctly receive the tranemlselon 
signal 704. In this standard, a value Indicating that 
encoded audio Information has been encoded by a different 
encoding method is defined In a bit field for data type 
Information of the transmission signal 704 so as to notify 
the signal reception apparatus 703 that a different 
encoding method has been used. 

In this case, as encoding methods for encoding audio 
Informatloh are changed^ the repetition times of the 
transmission signal 704 are also changed. Therefore, if an 
encoding method which has been used to obtain encoded audio 
information is defined in data type Information, the signal 
reception apparatus 703 can synchronize the transmission 
signal 704. Therefore, the signal reception apparatus 703 
can appropriately process the transmission signal 704. 

Now, it is assumed that encoded audio Information, 
which has been obtained by the same encoding method but using 
a different sampling frequency. Is transmitted via the 
digital interface 702 to the signal reception apparatus 703 . 
The transmission clock of the digital Interface 702 and the 
reception clock of the signal reception apparatus 703 are 
both constant. The digital interface 702 and the signal 
reception apparatus 703 are presumed to receive encoded 
audio Information having a sampling frequency of 48 kHz. 

Typically, the transmission clock of the digital 
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interface 702 Is equal to the reaept±on clock of the signal 
reception apparatus 703 • Therefore, in the following 
description, it is assumed that the transmission clock of 
the digital interface 702 Is equal to the reception clock 
of the signal reception appeiratus 703 « 

In the conventional art, the signal reception 
apparatus 703 cannot correctly receive encoded audio 
information having a sampling frequency other than an 
presximed sampling frequency unless the signal reception 
apparatus 703 is notified of a change in the repetition time 
of a transmission signal. 

For example, when encoded audio information having 
a certain sampling frequency is transmitted and thereafter 
encoded audio Information having a different sampling 
frequency Is transmitted, the signal reception 
apparatus 703 cannot correctly receive the transmission 
signal 704 unless the signal reception apparatus 703 is 
notified of the change in the repetition time of the 
transmission signal 704. 

Hereinafter, the conventional exeunple will be 
described In more detail. 

Figure 8 is a diagram showing conventional 
structures of transmission frames including encoded audio 
information. A transmission frame is a part of the 
transmission signal 704 « A series of transmission frames 
are output as the transmission signal 704 by the signal 
transmission apparatus 701 « 

Figure 8(a) is a diagram showing a structure of a 



P25920 

- 5 - 

tranamiB0lon frame 800 Inaludlng encoded audio 
information 803. The encoded audio Information 803 is 
one -frame data obtained by dividing encoded audio 
information having a sampling freguenoy of 48 kHz into 
frames. Figure 8(b) la a diagram showing a structure of a 
transmission frame 650 including encoded audio 
information 853, The encoded audio information 853 is 
one-frame data obtained by dividing encoded audio 
information having a sampling frequency of 24 kHz into 
frames . In this case / an encoding method for encoded audio 
information having a sampling frequency of 48 kHz is the 
same as an encoding method for encoded audio information 
having a sampling frequency of 24 kHz, that is, an encoding 
method for the encoded audio information 803 is the same 
as an encoding method for the encoded audio information 853 . 

As shown in Figure 8(a) ^ the transmission frame 800 
consists of one block • The transmission frame 600 includes 
a header portion 801 and a body portion 802* The header 
portion 801 stores management information 811. The body 
portion 802 stores data information 812. The management 
information 811 Includes synchronization word 
information 821 and side information 822 • The data 
Information 812 includes encoded audio Information 803. 
The data information 812 may Include non ^encoded audio 
Information" 823 • 

The signal transmission apparatus 701 of Figure 7 
generates the transmission frame 800 from a signal input 
to the signal transmission apparatus 701, and outputs the 
transmission signal 704 including a series of transmission 
frames 800 to the digital interface 702. 
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The management Information 811 is information for 
managing data stored in the bo«5ly portion 802. As the data, 
the encoded audio information 803 and the non "encoded audio 
information" 823 are stored in the body portion 802, The 
management information 811 includes information indicating 
whether the data stored in the body portion 802 is valid. 
The synchronization word Information 821 indicates the 
start of the block of the transmission freune 800. The 
synchronization word information 821 is used to obtain the 
repetition time between each transmission frame 800 
sequentially transmitted. The side information 822 
indicates whether the encoded audio information 803 is 
stored in the body portion 802. The non "encoded audio 
information- 823 indicates the absence of encoded audio 
Information. The non "encoded audio information" 823 is 
used to make the size of the data information 812 constant . 

As shown in Figure 8(b) , the transmission frame 850 
consists of one block. The transmission frame 850 includes 
a header portion 851 and a body portion 852. The header 
portion 851 stores management Information 861. The body 
portion 852 stores the data information 862. The 
management information 861 includes synchronization word 
information 871 and side Information 872. The data 
information 862 includes encoded audio Infonnation 853. 
The data Information 862 may include non "encoded audio 
information" 873. 

The signal transmission apparatus 701 of Figure 7 
generates the transmission frame 850 from a signal input 
to the transmission apparatus 701, and outputs the 
transmission signal 704 including a series of transmission 
frames 850 to the digital interface 702. 
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The management information 861 is information for 
managing data stored in the body portion 852, As the data, 
the encoded audio information 853 and the non encoded audio 
Information" 873 are stored in the body portion 852. The 
management information 861 includes information indicating 
whether the data stored in the body portion 850 la valid. 
The synchronization word information 871 indicates the 
start of the block of the transmission frame 850. The 
synchronization word information 871 is used to obtain a 
repetition time between each transmission frame 850 
sequentially transmitted. The side information 872 
indicates whether the encoded audio information S|53 is 
stored in the body portion 852. The non encoded audio 
information" 873 indicates the absence of encoded audio 
information. The npn "encoded audio information* 873 is 
used to make the size of the data Information 862 constant , 
The size of the body portion 852 is twice as large as the 
size of the body portion 802 of the transmission frame 800. 

As described above, the encoded audio 
information 803 and the encoded audio information 853 are 
both one-frame data (i.e.^ data having the same number of 
samples) which are encoded by the same encoding method. 
However, since the sampling frequency of the encoded audio 
information 803 is different from the sampling frequency 
of the encoded audio information 853, a reproduction time 
of the encoded audio Information 803 la different from that 
of the encoded audio Information 853. Further, a time 
required for the transmission frame 800 including the 
encoded audio information 803 to be received by the signal 
reception apparatus 703 is different from a time required 
for the transmission frame 850 including the encoded audio 
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information 853 to be received by the signal reception 
a.pparatus 703. 

In the above -described aase, the time required for 
the reception of the transmission frame 850 is twice as long 
as the time required for the reception of the transmission 
frame 800. The time required for the reproduction of the 
encoded audio information 853 is twice as long as the time 
required for the reproduction of the encoded audio 
Information 803. Further, the repetition time of a 
transmission signal Including the transmission frame 850 
is twice as long as the repetition time of a transmission 
signal including the transmission frame 800. 

As described above with reference to Figure 8 , when 
the sampling frequency of one type of encoded audio 
Information is 1/2 of the sampling frequency of the other 
type of encoded audio Information, the repetition time of 
a transmission signal carrying the one type of encoded audio 
information is twice as long as the repetition time of the 
other type of encoded audio Information. Similarly, when 
the sampling frequency of one type of encoded audio 
information is 1/N of the sampling frequency of the other 
type of encoded audio information, the repetition time of 
a transmission signal carrying the one type of encoded audio 
information is N times as long as the repetition time of 
the other type of encoded audio information, where N is a 
natural number more than or equal to 2 . When the sampling 
frequency of encoded audio information is decreased by a 
factor of 1/N, the size of a body portion received by the 
signal reception apparatus 703 is increased by a factor of 
N. As a result, the repetition time is also increased by 
a factor of N. 
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As described above, although the same encoding 
method is used, e repetition time varies depending on the 
sampling frequency of encoded audio information. If the 
transmission signal 704 is transmitted without notifying 
the signal reception apparatus 703 that a different 
repetition time is used, the signal reception apparatus 703 
cannot be correctly synchronized with the transmission 
signal 704. Therefore, the signal reception apparatus 703 
needs to be at least notified that a repetition time has 
bean changed in order to correctly receive the transmission 
signal 704 • 

Alternatively, certain information relating to the 
sampling frequency of encoded audio information is defined 
in the management information in order to intermittently 
notify the signal reception apparatus 703 of the repetition 
time of the transmission signal 704. Conventionally, in 
the ISO/IEC61397 standard, when the same encoding method 
is used but a different repetition time is used, a different 
value is defined in data type information. The data type 
information relating to data information is included in the 
management information. However, when different data type 
Information is defined for each sampling frequency, the 
number of data types to be written in data type information 
la increased* As a result, the bit field of the data type 
inf o3cmation cannot be effectively used, so that the bit field 
of the data type information becomes insuf f icient . 

SUMMARY OF THE INVENTION 

« 

According to one aspect of the present invention, 
a signal transmission apparatus is provided for 
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transmitting a plurality of pieces of encoded audio 
information encoded by ttie same encoding method via a digital 
interface to a signal reception apparatus, in which each 
of the plurality of pieces of encoded audio Inf orroation has 
a sampling frequency of F or 1/2 x F . The apparatus comprises 
a data generating section for, based on one-frame data 
obtained by dividing the encoded audio information Into 
frames, generating at least one block, and a data output 
section for outputtlng the at least one block generated by 
the data generating section to the digital interface. Each 
of the at least one block includes a body portion, and a 
header portion storing management Information for managing 
data stored In the body portion . The management information 
includes synchronization word information indicating a 
start of the blocks and information indicating whether data 
stored in the body portion is valid. When the encoded audio 
infocmation has a sampling frequency of F, the data 
generating section generates one block for one- frame data 
of the encoded audio information, stores one-frame data of 
the encoded audio information In the body portion of the 
generated block, and stores In the header portion of the 
generated block the management Information including 
information indicating that data stored In the body portion 
of the generated block is valid. When the encoded audio 
information has a sampling frequency of 1/2 x F^ the data 
generating section generates a pair of blocks including a 
previous block and a subsequent block for one<- frame data 
of the encoded audio Information, stores one-frame data of 
the encoded audio Information In the body portion of the 
generated previous block, stores In the header portion of 
the generated previous block the management information 
Including information indicating that data stored in the 
body portion of the generated previous block is valid, and 
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stores In the header portion of the generated subsequent 
block the management Information including Information 
indicating that data stored in the body portion of the 
generated subsequent block is Invalid. The size© of the 
previous block and the subsequent block generated by the 
data generating section when the encoded audio information 
has a sampling frequency of 1/2 x F are each equal to the 
size of the one block generated by the data generating 
section when the encoded audio information has a sampling 
frequency of F. 

In one embodiment of this invention, the information 
indicating whether data stored in the body portion is valid 
is side information indicating whether the encoded audio 
information is stored in the body portion, and when the side 
information indicates that the encoded audio information 
is not stored in the body portion, the side information 
indicates that the data stored in the body portion is 
invalid. 

In one embodiiment of this invention, the data 
generating section stores stuffing information in the body 
portion in the subsequent block. 

In one embodiment of this invention, the management 
Information further includes data type information 
indicating an encoding method for data stored In the body 
portion. The data type information of the previous block 
is the same as the data type Information of the block 
generated when the encoded audio Information has a sampling 
frequency of F. The data type information of the subsequent 
block indicates an encoding method for data stored In the 
body portion of the previous block irrespective of an 



P25920 

- 12 - 

encoding method for data stored In the body portion of the 
subsequent block* 

According to another aspect of the present invention, 
a signal transmission apparatus is provided for 
transmitting a plurality of pieces of encoded audio 
Information encoded by the same encoding method via a digital 
interface to a signal reception apparatus, in which each 
of the plurality of pieces of encoded audio information has 
a sampling frequency of F or 1/N x F, where N is a natural 
number greater than or equal to 2 . The apparatus comprises 
a data generating section for, based on one-frame data 
obtained by dividing the encoded audio information into 
frames, generating at least one block, and a data output 
section for outputting the at least one block generated by 
the data generating section to the digital interface. Bach 
of the at least one block Includes a body portion, and a 
header portion storing management information for managing 
data stored in the body portion . The management information 
includes synchronization word information indicating a 
start of the block, and Information Indicating whether data 
stored in the body portion Is valid. When the encoded audio 
information has a sampling frequency of F^ the data 
generating section generates one block for one -frame data 
of the encoded audio Information, stores one -frame data of 
the encoded audio information in the body portion of the 
generated block, and stores in the header portion of the 
generated block the management information including 
information indicating that data stored in the body portion 
of the generated block is valid. When the encoded audio 
information has a sampling frequency of 1/N x F, the data 
generating section generates a set of N blocks for one- 
frame data of the encoded audio information, stores 
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one -frame data of the encoded audio Information in the body 
portion of a first block of the N generated blocks to be 
output first , stores in the header portion of the first block 
the management information including Information 
indicating that data stored in the body portion of the first 
block is valid, and stores in the header portion of each 
block of the N generated blocks other than the first block 
the management information including information 
indicating that data stored in the body portion of the each 
block is invalid. The sizes of the N blocks generated by 
the data generating section when the encoded audio 
information has a sampling frequency of 1/N x F are each 
equal to the size of the one block generated by the data 
generating section when the encoded audio information has 
a sampling frequency of F* 

According to another aspect of the present invention, 
a signal transmission method is provided for transmitting 
a plurality of pieces of encoded audio information encoded 
by the same encoding method via a digital interface to a 
signal reception apparatus, in which each of the plurality 
of pieces of encoded audio Information has a sampling 
frequency of F or 1/2 x F. The method comprises the steps 
of generating at least one block based on one-frame data 
obtained by dividing the encoded audio information into 
frames, and outputting the at least one block generated by 
the data generating step to the digital interface. Each of 
the at least one block includes a body portion, and a header 
portion storing management Information for managing data 
stored m the body portion. The management information 
includes synchronization word Information indicating a 
start of the block, and Information indicating whether data 
stored m the body portion is valid. When the encoded audio 
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information has a sampling frequency of the data 

generating step Includes the step of generating one block 
for one-frame data of the encoded audio information, storing 
one -frame data of the encoded audio information in the body 
portion of the generated block, and storing in the header 
portion of the generated block the management information 
Including information indicating that data stored in the 
body portion of the generated block is valid. When the 
encoded audio information has a sampling frequency of 1/2 
X the data generating step Includes the step of generating 
a pair of blocks including a previous block and a subsequent 
block for one-frame data of the encoded audio information, 
stores one -frame data of the encoded audio information in 
the body portion of the generated previous block, storing 
in the header portion of the generated previous block the 
management information including Information indicating 
that data stored In the body portion of the generated 
previous block is valid, and storing in the header portion 
of the generated subsequent block the management 
information including Information indicating that data 
stored in the body portion of the generated subsequent block 
is invalid. The sizes of the previous block and the 
subsequent block generated by the data generating step when 
the encoded audio inf oxrmation has a sampling frequency of 
1/2 X F are each equal to the size of the one block generated 
by the data generating step when the encoded audio 
Information has a sampling frequency of F. 

In one embodiment of this Invention, the Information 
indicating whether data stored In the body portion is valid 
is side information indicating whether the encoded audio 
information Is stored In the body portion, and when the side 
information indicates that the encoded audio information 
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ie not stored In the body portion, the side information 
Indicates that the data stored in the body portion is 
invalid . 

In one embodiment of this invention, the data 
generating step stores stuffing information in the body 
portion in the subsequent block. 

In one embodiment of this invention, the management 
information further includes data type information 
indicating an encoding method for data stored In the body 
portion. The data type information of the previous block 
is the same as the data type information of the block 
generated when the encoded audio information has a sampling 
frequency of F . The data type information of the subsequent 
block indicates an encoding method for data stored in the 
body portion of the previous block irrespective of an 
encoding method for data stored in the body portion of the 
subsequent block. 

According to another aspect of the present invention , 
a signal transmission method is provided for transmitting 
a plurality of pieces of encoded audio Information encoded 
by the same encoding method via a digital interface to a 
signal reception apparatus, in which each of the plurality 
of pieces of encoded audio information has a sampling 
frequency of F or 1/N x F, where N is a natural number greater 
than or equal to 2. The method comprises the steps of 
generating at least one block based on one-frame data 
obtained by dividing the encoded audio information into 
frames, and outputting the at least one block generated by 
the data generating step to the digital interface. Each of 
the at least one block includes a body portion, and a header 
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portion storing management information for managing data 
stored m the body portion. The management information 
includes eynohronizatlon word information indicating a 
start of the block, and information indicating whether data 
stored In the body portion Is valid. When the encoded audio 
Information has a sampling frequency of F, the data 
generating step Includes the step of generating one block 
for one-frame data of the encoded audio Information, storing 
one -frame data of the encoded audio Information in the body 
portion of the generated block, and storing in the header 
portion of the generated block the management Information 
including information indicating that data stored in the 
body portion of the generated block is valid. When the 
encoded aiidlo information has a sampling frequency of l/N 
X p, the data generating step include the step of generating 
a set of N blocks for one- frame data of the encoded audio 
information, storing one-frame data of the encoded audio 
Information in the body portion of a first block of the N 
generated blocks to be output first, storing in the header 
portion of the first block the management information 
including information indicating that data stored in the 
body portion of the first block is valid, and storing in 
the header portion of each block of the N generated blocks 
other than the first block the management information 
including Information indicating that data stored in the 
body portion of the each block is invalid. The sizes of the 
N blocks generated by the data generating step when the 
encoded audio information has a sampling frequency of l/N 
X F are each equal to the size of the one block generated 
by the data generating section when the encoded audio 
Information has a sampling frequency of F. 

As described above, in the present invention, even 
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when encoded audio Information tiae different sampling 
frequencies, a tranemlsslon signal can be transmitted 
without changing a repetition time by sequentially 
transmitting a plurality of blocks having the same sl^e. 

Specif ically, when the sampling frequency of one 
type of encoded audio information Is 1/2 of the sampling 
frequency of the other type of encoded audio information, 
two blocks having the same size as the size of a block which 
is used when one -frame data of the other type of encoded 
audio information is transmitted are generated based on 
one -frame data of the one of encoded audio information and 
the two blocks are sequentially transmitted. Bach of the 
two transmitted blocks stores synchronization word 
information Indicating the start of the block, so that the 
repetition time of the transmission signal is constant 
Irrespective of the sampling frequencies of encoded audio 
information. Therefore, the signal reception apparatus 
does not need to be notified of the repetition time. As a 
result, the data type Information of a transmission signal 
for transmitting encoded audio information having different 
sampling frequencies can be defined to be the same* 

Further, according to the present invention, 
management information stored in the header portion of a 
block generated by the data generating section includes 
information indicating whether data stored in the body 
portion of the block is valid. - Therefore, a signal 
reception apparatus receiving the block can retrieve 
information indicating whether data stored In the body 
portion of a block in a header portion is valid so as to 
Judge whether the data stored in the body portion of the 
block is valid. 
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Still further, according to the present invention, 
when encoded audio information has a sampling frequency of 
1/2 X P, the body portion of a previous block stores one-frame 
data of the encoded audio information while the header 
portion of the previous block stores information that data 
stored in the body portion of the previous block is valid 
and the header portion of a subsequent block stores 
information indicating that data stored in the body portion 
of the subsequent block is invalid. Therefore, a signal 
reception apparatus can extract encoded audio information 
by extracting only the body portion of the previous block. 
In such a case, the latency of a signal reception apparatus 
can be set to a constant time. 

The header portion of the subsequent block stores 
information indicating that encoded audio information is 
not stored in the body portion of the subsequent block. 
Therefore, the signal reception apparatus does not need to 
extract data stored in the body portion of the subsequent 
block. In such a case, the body portion of the subsequent 
block may store stuffing information. 

When payload length information stored in the header 
portion of the subsequent block indicates that the payload 
length of the body portion of the subsequent block is less 
than a minimum value (e.g., zero), the signal reception 
apparatus does not need to extract 'the body portion of the 
subsequent block. The signal reception apparatus can 
receive the entirety of the one -frame data of encoded audio 
information only by extracting only the body portion of the 
previous block including encoded audio Information. 
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In the above aescrlption, although the saimpling 
frequenay of one type of encoded audio Information ±s 1/2 
of the sampling frequency of the other type of encoded audio 
information, the present invention is not limited to this. 

When the sampling frequency of one type of encoded 
audio information is l/N of the sampling frequenay of the 
other type of encoded audio information, N blocks having 
the same size as the size of a block of when one-frame data 
of the other type of encoded audio information is transmitted 
may be generated based on one- frame data of the one type 
of encoded audio information and the N generated blocks may 
be sequentially transmitted. In this case, N is a natural 
number greater than or equal to 2. 

These and other advantages of the present invention 
will become apparent to those skilled in the art upon reading 
and understanding the following detailed description with 
reference to the accompanying figures. 

BRIEF DESCRIPTION OP THE DRAWINGS 

Figure 1 is a diagram for explaining an audio data 
processing apparatus according to the present invention. 

Figure 2 is a diagram showing structures of 
transmission frames according to the present invention. 

Figure 3 is a diagram showing detailed structures 
of the transmission frames of Figure 2. 

Figure 4 is a diagram showing a signal transmission 
apparatus of the present invention. 



20 - 



P25920 



Figure 5 Is a diagram showing a signal reception 
apparatus according to the present Invention. 

Figure 6 Is a diagram showing a structure of a 
transmission frame acoordlng to the present Invention which 
Includes encoding audio Information having a sampling 
frequency of 12 kHz. 

Figure 7 Is a diagram for explaining a conventional 
audio data processing apparatus. 

Figure 8 Is a diagram showing structures of 
conventional transmission frames* 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Hereinafter, the present Invention will toe 
described by way of illustrative examples with reference 
to the accompanying drawings « 

One -frame data of encoded audio information is 
herein a minimum unit which can be singly decoded or 
reproduced . 

The term 'frame' as used herein refers to a 
predetermined interval Including a predetermined number of 
data (samples) In a data stream. The predetermined number 
is, for example « 1024. 

The term "transmission frame" as used herein refers 
to a transmission unit corresponding to one-frame data of 
encoded audio information to be transmitted to a digital 
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interface. 

The principle of the present Invention will be 
described below. 

Figure 1 is a diagram for explaining an audio data 
processing apparatus 100 according to the present invention , 
The audio data proceselng apparatus 100 includes a signal 
transmission apparatus 101 for transmitting a transmission 
signal 104 including encoded audio information, a signal 
reception apparatus 103 for receiving the transmission 
signal 104, and a digital interface 102 for mediating the 
transmission signal 104 between the signal transmission 
apparatus 101 and the signal reception apparatus 103. The 
digital interface 102 may be, for example, a device for 
recording the transmission signal 104. The signal 
reception apparatus 103 may be, fc>r example, a device for 
reproducing the transmission signal 104. 

Now, it is ass\amed that encoded audio information 
obtained by the same encoding method but with different 
S2unpllng frequencies is transmitted via the same digital 
interface 102 to the signal reception apparatus 103. The 
transmission clock of the digital interface 102 and the 
reception clock of the signal reception apparatus 103 are 
both set to constant values while it is prestuned that encoded 
audio information has a sampling frequency of 48 kHz • 

For the sake of simplicity. Figure 1 shows that a 
single signal transmission apparatus 101 transmits the 
transmission signal 104 via a single digital interface 102 
to a single signal reception apparatus 103. The present 
Invention is not limited to this. For example, a single 
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digital interface 102 may be aonnected to a plurality of 
signal reception apparatuses 103 so that the transmission 
signal 104 is transmitted simultaneously to the plurality 
of signal reception apparatuses 103. Alternatively, a 
single signal transmission apparatus 101 is connected to 
a plurality of digital interfaces 102 so that the 
transmission signal 104 may be transmitted to a further 
large number of signal reception apparatuses 103, 

Figure 2 is a diagram showing structures of 
transmission frames of the present invention including 
encoded audio information • The transmission frame is apart 
of the transmission signal 104. The transmission frames 
are sequentially output from the signal transmission 
apparatus 101. 

Figure 2(a) shows a structure of a transmission 
frame 200 including encoded audio information 203. The 
encoded audio information 203 is one -frame data obtained 
by dividing encoding audio information having a sampling 
frequency of 48 JcHz Into frames. Figure 2(b) shows a 
structure of a transmission frame 250 including encoded 
audio information 263. The encoded audio Information 263 
is one- frame data obtained by dividing encoding audio 
information having a seimpling frequency of 24 kHz into 
frames. In this case, an encoding method for the encoded 
audio information 203 is the same as an encoding method for 
the encoded audio information 269.- 

As shown in Figure 2(a) , the transmission frame 200 
consists of one block. The transmission frame 200 Includes 
a header portion 201 and a body portion 202. The header 
portion 201 stores management information 211. The body 
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portion 202 stores data information 212. The management 
inforroation 211 inoludea synohronizatlon word 
information 213 and side information 214. The data 
information 212 Includes the encoded audio information 203 , 
The data information 212 may include non "encoded audio 
information' 218. 

The signal transmission apparatus 101 of Figure 1 
generates the transmission- frame 200 from a signal input 
to the signal transmission apparatus 101, and outputs the 
transmission signal 104 Including a series of transmission 
frames 200 to the digital interface 102. 

The management information 211 is information for 
managing data stored in the body portion 202. As the data, 
encoded audio information 203 and noh "encoded audio 
information" 218 are stored in the body portion 202. The 
management information 211 includes information indicating 
whether the data stored in the body portion 202 is valid. 
In this case, since the body portion 202 stores the encoded 
audio information 203, the information indicates that data 
stored in the body portion 202 is valid. The 
synchronization word information 213 is located at the head 
of the block of the transmission frame 200. indicating the 
start of the block of the transmission frame 200. The 
synchronization word information 213 is used to obtain the 
repetition time between each transmission frame 200 
sequentially transmitted. An example of the information 
indicating whether data stored in the body portion 202 is 
valid is the side Information 214. The side 

information 214 indicates whether the encoded audio 
information 203 is stored in the body portion 202. The non 
"encoded audio information" 218 indicates the absence of 
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encoded audio information. The non 'encoded audio 
information" 218 is used to make the size of the data 
Information 212 constant. 

As shown in Figure 2(b) , the transmission frame 250 
includes a first block 260 and a second block 280. 

The first block 260 includes a first header 
portion 261 and a first body portion 262. The first header 
portion 261 stores first management Information 271. The 
first body portion 262 stores first data information 272, 
The first management information 271 includes first 
synchronization word information 273 and first side 
information 274. The first data information 272 Includes 
the encoded audio Information 263. The first data 
Information 272 may include non 'encoded audio 
information* 278. 

The first management information 271 is 
information for managing data stored in the first body 
portion 262. As the data, encoded audio information 263 
and non "encoded audio Information" 278 are stored in the 
first body portion 262. The first management 

information 271 includes Information indicating whether 
the data stored in the first body portion 262 Is valid. In 
this case, since the first body portion 262 stores the 
encoded audio information 263, the first management 
information 271 indicates that data' stored in the first body 
portion 262 is valid. The first synchronization word 
information 273 is located at the head of a first block 260 
of the transmission frame 250, indicating the start of the 
first block 260 of the transmission frame 250. The first 
synchronization word information 273 is used to obtain the 
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repetition time between the first block 260 and a second 
block 280 which are sequentially transmitted. An example 
of the information indicating whether data stored in the 
firet body portion 262 is valid is the first side 
information 274. The first side information 274 indicates 
whether the encoded audio information 263 is stored in the 
first body portion 262, The non 'encoded audio 
information'' 278 indicates the absence of encoded audio 
information* The non "encoded audio information' 278 is 
used to make the size of the first data information 272 
constant. 

The second block 280 includes a second header 
portion 281 and a second body portion 282. The second 
header portion 281 stores second management 
information 291. The second body portion 282 stores second 
data information 292. The second management 

information 291 includes second synchronization word 
information 293 and second side information 294. The 
second data information 292 includes non 'encoded audio 
information * 298 . 

The second management information 291 is 
information for managing data stored in the second body 
portion 282. As the data, non "encoded audio 

Information" 298 is stored in the second body portion 282. 
The second management information 291 includes information 
indicating whether the data stored in the second body 
portion 282 is valid. In this case, since the second body 
portion 282 does not store encoded audio information, the 
second management information 291 indicates that data 
stored in the second body portion 282 is invalid. The 
second synchronization word information 293 is located at 
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the head Of a second block 280 of the transmission frame 250, 
indioating the start of the second hlock 280 of the 
transmission frame 250. The second synchronization word 
Information 293 Is used to obtain the repetition time 
between the first blocH 260 and a second block 280 which 
are sequentially transmitted. An example of the 
information indicating whether data stored in the second 
body portion 282 is valid is the second side information 294 . 
The second side information 294 Indicates whether encoded 
audio information is stored in the second body portion 282. 
The non ''encoded audio information" 298 indicates the 
absence of encoded audio Information. The non "encoded 
audio information' 298 is used to make the size of the second 
data Information 292 constant. 

In this case, the size of the first body portion 262 
is equal to the size of the second body portion 282 . Further, 
the size of the first body portion 262 is equal to the size 
of the body portion 212. Furthermore, the header 
portion 201^ the first header portion 261, and the second 
header portion 281 have the same size . Therefore, one block 
of the transmission frame 200, the first block 260, and the 
second block 280 have the same size. 

The signal transmission apparatus 101 of Figure 1 
generates the transmission frame 250 from a signal Input 
to the signal transmission apparatus 101, and outputs the 
transmission signal 104 including a series of transmission 
frames 250 to the digital Interface 102. The first 
block 260 is output earlier than the second block 280. 

In this case, the transmission frame 250 of 
Figure 3<b) of the present invention can be compared with 
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the conventional tranemlssion frame 850 of Figure 8(b). 
The two equal parte of the data information 862 of the 
transmission frame 850 correspond to the first data 
Information 272 of the first block 260 and the second data 
information 292 of the second block 280 in the transmission 
frame 250 . The size of the body portion 852 Is equal to the 
sum of the size of the first body portion 262 and the size 
of the second body portion 282. Further, the encoded audio 
information 263 corresponds to the encoded audio 
information 853. 

Referring to Figure 2(b), the first 
synchronization word information 273 indicates the start 
of the first block 260, and the second synchronization word 
Information 293 indicates the start of the second block 280 . 
In this case , the repetition time between the first block 260 
and the second block 280 is equal to the repetition time 
between each of the sequential transmission frames 200. 

With the above-described structure, even when the 
sampling frequency of the encoded audio information 263 is 
different from the sampling frequency of the encoded audio 
information 203, the repetition time of a transmission 
signal is constant. Therefore, the signal reception 
apparatus 103 can correctly receive a transmission signal 
even if the signal reception apparatus 103 is not notified 
of a change in the repetition time. 

Since the entirety of the encoded audio 
information 263 is included in the first data 
information 272, the second data information 292 is the non 
'encoded audio information' 298 indicating the absence of 
encoded audio information. Therefore, the encoded audio 
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information 263 itself is transmitted using only the first 
block 260 in the tranamission frame 250, As a result^ the 
signal reception apparatus 103 can always set the latency 
of encoded audio information to the same time* 

Hereinafter^ the present invention will be 
summarized. 

According to the present invention, a data 
generating section generates one block for one -frame data 
of encoded audio information when the encoded audio 
information has a sampling frequency of and generates 
a pair of blocks including a previous block and a subsequent 
block for one-frame data of encoded audio Information when 
the encoded audio information has a sampling frequency of 
1/2 X F. The si2e of each of the previous block and the 
subsequent block generated by the data generating section 
for one- frame data of encoded audio information when the 
encoded audio information has a sampling frequency of 1/2 
X is equal to one block generated by the data generating 
section for one-frame data of encoded audio information when 
the encoded audio information has a sampling frequency of 
F, Further, each of the blocks generated by the data 
generating section includes synchronization word 
information indicating the start of the block. 

Therefore, the repetition time between each block 
generated for encoded audio Information having a sampling 
frequency of 1/2 x F is equal to the repetition time between 
each block generated for encoded audio information having 
a sampling frequency of F. As a result, the signal 
transmission apparatus can transmit encoded audio 
information having a sampling frequency of 1/2 x F and 
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encoded audio information having a sampling frequency of 
F without providing notification of a change in the 
repetition time. 

Further, according to the present Invention, 
management information stored in the header portion of a 
block generated by the data generating section includes 
information indicating whether data stored in the body 
portion of the block is valid. Therefore, the signal 
reception apparatus receiving the block retrieves, from the 
head portion, the information indicating whether data 
stored in the body portion of the block is valid and Judges 
whether the data stored in the body portion of the block 
is valid. 

Furthermore, according to the present invention, 
when encoded audio information has a sampling frequency of 
1/2 X F, one-frame data of the encoded audio Information 
is stored in the body portion of the ptevious block, and 
information indicating that the data stored in the body 
portion of the previous block is valid is stored in the header 
portion of the previous block while information indicating 
that the data stored in the body portion of the subsequent 
block is invalid is stored in the header portion of the 
subsequent block. Therefore, the signal reception 
apparatus can extract encoded audio information by 
extracting only the body portion of the previous block. In 
this case, the latency of the signal reception apparatus 
receiving one- frame data of encoded audio information is 
constant . 

* * 

Figure 3 is a diagram showing the detailed 
structures of the transmission frames of Figure 2. in 
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Figures 2 and 3, like parts are referenced by like numerals 
and description thereof is omitted. 

As shown In Figure 3(a), in a tranfimleslon frame 200 , 
side information 214 Includes data type information 215 and 
pay load length information 216. The data type 

information 215 is information about an encoding method for 
data stored in a body portion 202. The payload length 
information 216 is information about the length (payload 
length) of encoded audio information 203 in the body 
portion 202. 

The data information 212 may include stuffing 
information 215. The stuffing information 215 is stuffed 
with zero, which is a type of non "encoded audio 
inf oinnation" 218 (Figure 2(a)). 

Burst information 221 includes synchronization 
word information 213, the side information 214, and the 
encoded audio information 203. The buret information 221 
represents a data packet of the transmission frame 200. 

As shown in Figure 3(b), in a first block 260, the 
first side Information 274 includes first data type 
information 275 and first payload length information 276. 
The first data type information 275 includes information 
about an encoding method for data stored in the first body 
portion 262. The first payload length information 276 is 
information about the length (first payload length) of the 
encoded audio information 263 in the first body 
portion 262. 

The first data information 272 may include stuffing 
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information 279. The stuffing information 279 is stuffed 
with zero, which is a type of non "encoded audio 
information* 278 (Figure 2(b) )• 

First burst information 277 Includes first 
synchronization word information 273, the first side 
informatlori 274, and the encoded audio information 263. 
The first burst information 277 represents a data packet 
of the first block 260. 

Second ^ide information 294 includes second data 
type Information 295 and second payload length 
information 296. In an example of the present invention, 
the second data type information 295 may be information 
about an encoding method for data stored in the second body 
portion 282. In another example of the present Invention, 
the second data type information 295 may be Information 
about an encoding method for data stored in the first body 
portion 262 of the first block 260 irrespective of an 
encoding method for data stored in the second body 
portion 282. The second payload length information 296 Is 
information about the length (second payload length) of 
encoded audio Information in the second body portion 282. 
In this case, the second payload length information 296 
Indicates that the second payload length of the second body 
portion 282 is less than a predetermined minimum value (e.g., 
zero). The signal reception apparatus 103 (Figure 1) 
retrieves the second payload length Information 296, so 
that the absence of encoded audio Information in the second 
block 280 can be determined without directly detecting the 
entirety of the second body portion 282. 

The second data information 292 may Include 
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stuffing Information 299. The stuffing Information 299 Is 
stuffed with zero^ which Is a type of non "encoded audio 
Information' 298 (Figure 2(b)). 

Second burst information 297 includes second 
synchronization word information 293 and second side 
Information 294- The second burst Information 297 
represents a data packet of the second block 280. 

The signal transmission apparatus 101 of Figure 1 
generates the tranemlesion frame 250 from a signal input 
to the signal transmission apparatus 101^ and outputs the 
transmission signal 104 including a series of transmission 
framea 250 to the digital Interface 102. 

In this example of the present invention, since the 
repetition time of a transmission signal including the 
encoded audio Information 203 is equal to the repetition 
time of a transmission signal Including the encoded audio 
information 263 . Therefore, data type information does not 
include Information about a repetition time, and only 
indicates an encoding method for data stored in the body 
portion of a corresponding block. Alternatively, the 
second data type information 295 may indicate an encoding 
method for the encoded audio information 263 stored in the 
first body portion 262 indicated by the first data type 
information 275. 

Further, the signal reception apparatus 103 
retrieves the first payload length information 276 and the 
second payload length information 296 so as to extract the 
body portion of a block whose payload length is not less 
than a predetermined minimum value, thereby making it 
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possible to receive encoded audio Information without an 
extra operation. 

Hereinafter, structures of the signal transmission 
apparatus 101 and the signal reception apparatus 103 of 
this example will be described. in the following 
description^ a case where an elementary stream in an ADTS 
format of MPEG2 AAC (Advanced Audio Coding) [hereinafter 
referred to as an AAC stream] is transmitted will be 
discussed. 

In this case, it is assumed that the sampling 
frequency of an AAC stream is 24 kHz, and the transmission 
clock of the digital interface 102 and the reception clock 
of the signal reception apparatus 103 are designed while 
the sampling frequency of encoded audio information is 
presumed to be 48 kHz • It should be noted that the size of 
the transmission frame 200 is 32768 bits. 

Figure 4 is a diagram showing an exemplary structure 
of the signal transmission apparatus 101 of the present 
invention . 

The signal transmission apparatus 101 includes a 
data generating section 400 and a data output section 450. 
The data generating section 400 includes a bit counter 411, 
an information switching section 412, a block counter 413, 
a stuffing information generating' section 414, a stream 
buffer 415, and a management information generating 
section 420. The management information generating 
section 420 includes a synchronization word information 
generating section 421 and a side information generating 
section 422. The side information generating section 422 
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Includes a data type information generating section 431 and 
a pay load length Information generating section 432. The 
data output section 450 includes an output buffer 451. 

Hereinafter, a case where the signal transmission 
apparatus 101 transmits the transmission frame 250 
Including the first block 260 and the second block 280 of 
Figure 3(b) will be described. 

The sizes of constituents included in the 
transmission frame 250 will be described below. 

The siaes of the first block 260 and the second 
block 280 are each 32768 bits , The sizes of the first header 
portion 261 and the second header portion 281 are each 64 
bits. The sizes of the first synchronization word 
Information 273 and the second synchronization word 
information 293 are each 32 bits. The sizes of the first 
side information 274 and the second side information 294 
are each 32 bits. The sizes of the first data type 
information 275 and the second data type Information 295 
are each 16 bits. The sizes of the first payload length 
information 276 and the second payload length 
information 296 are each 16 bits. 

An operation of the signal transmission 
apparatus 101 generating the first block 260 of the 
transmission frame 250 and outputtlng the generated first 
block 260 will be described. 

After ,the signal transmission apparatus 101 is 
activated, the stream buffer 415 receives an AAC stream. 
The AAC stream includes header information and data 
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Information. The header information of the AAC stream 
inaludee information about the data information of the AAC 
stream. The header information of the AAC stream includes, 
for example, information about the sampling frequency of 
the data information of the AAC stream, information about 
the length of a frame (frame length) of the data information 
of the AAC stream, and information about the type of the 
data information of the AAC stream. The information about 
the type of the data information includes information about 
an encoding method. 

The stream buffer 415 outputs the data information 
of the AAC stream to the Information switching section 412. 
The stream buffer 415 extracts the header information of 
the AAC stream, and outputs the extracted header Irxf ormation 
to the management Information generating section 420. 

The side information generating section 422 of the 
management information generating section 420 generates 
the first side information 274 based on the header 
information of the AAC stream output from the stream 
buffer 415. and outputs the generated first side 
information 274 to the information switching section 412. 

Specifically, the data type information generating 
section 431 of the side information generating section 422 
generates the first data type information 275 based on 
information about the type of the data information of the 
AAC stream included in the header information of the AAC 
stream, and outputs the generated first data type 
information 275 to the information switching section 412. 
The payload length information generating section 431 of 
the side information generating section 422 generates the 
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first payload length information 276 baaed on information 
about a frame length included in the header Information of 
the AAC stream, and outputs the generated first payload 
length Information 276 to the Information switching 
section 412. 

The synchronization word information generating 
section 421 of the management Information generating 
section 420 generates and outputs the first synchronization 
word information 273 to the information switching 
section 412. 

The stuffing information generating section 414 
outputs the stuffing Information 279 to the information 
switching section 412 • 

The information switching section 412 selects, 
based on a signal from the bit counter 411, any of at least 
the one-frame data Information of the AAC stream (l.e* , the 
encoded audio information 263), the first synchronization 
word information 273, the first data type Information 275, 
the first payload length information 276, and the stuffing 
information 279, and outputs the selected information to 
the output buffer 451. 

The output buffer 451 outputs Information output 
from the information switching section 412 as the first 
block 260 to the digital Interface 102. It should be noted 
that as described with reference to Figures 2 and 3, the 
transmission frame 250 is a part of the transmission 
signal 104, and a series of transmission frames 250 are 
output. The transmission frame 250 Includes the first 
block 260 and the second block 280. 
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The bit counter 411 counts the number of bits of the 
first block 260 output from the output buffer 451* The 
information switching section 412 outputs information, 
selected based on the count value obtained by the bit 
counter 411, to the output buffer 451. The information 
switching eeotlon 412 selects a sequence of information in 
such a manner as to produce the first block 260, and outputs 
the information to the output buffer 451. 

The value of the bit counter 411 at the tljne when 
the leading bit of the first block 260 is output from the 
output buffer 451 is set to zero. The value of the bit 
counter 411 is incremented by one every time one bit of the 
first block 260 is output from the output buffer 451 . After 
the value of the bit counter 411 reaches the maximum value, 
the value of the bit counter 411 is reset to zero and 
thereafter is increased toward the maxlmxam value again . The 
maximum value corresponds to the size of the first block 260 , 
i.e,, the size of the transmission frame 200. In this 
example, the maximum value of the bit counter 411 Is 32768. 
With the thus -constructed structure, all bits in a block 
can be given different numbers. 

When the value of the bit counter 411 is in the range 
of 0 to 31, the Information switching section 412 outputs 
the first synchronization word information 273. 
Thereafter, when the value of the bit counter 411 is in the 
range of 32 to 63, the information switching section 412 
outputs the first side Information 274 . Specifically, when 
the value of the bit counter 411 is in the range of 32 to 
47^ the information switching section 412 outputs the first 
data type information 275. When the value of the bit 
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counter 411 Is In the range of 48 to 63, the Information 
switching section 412 outputs the first payload length 
information 276. 

The information switching section 412 outputs the 
encoded audio information 263 once the value of the bit 
counter 411 is 64 Up until the data information of the AAC 
stream corresponding to one frame (i.e. , the encoded audio 
information 263) is output. 

In other words, the information switching 
section 412 outputs the data information of the AAC stream 
as the encoded audio information 263 to the output 
buffer 451 during the time that the value of the bit 
counter 411 is changed from 64 to the sum of 64 and a value 
indicated by the first payload length information 276. In 
this case, the bit counter 411 controls a signal for 
controlling the information switching section 412 based on 
the first side information 274 from the side information 
generating section 422. Specif ioally, the bit counter 411 
controls a signal for controlling the information switching 
section 412 based on a first payload length indicated by 
the first payload length information 276 generated by the 
payload length information generating section 432. 

When the size of the first burst information 277 is 
less than the size of the first block 260, the information 
switching section 412 outputs the stuffing information 279 
during the time that the value of the bit counter 411 is 
changed from the sum of 64 and the value of the first payload 
length to zero. 

When the value of the bit counter 411 reaches the 
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maximum value, the value of the bit counter 411 returns to 
zero and at the same time the value of the block counter 413 
is updated from one to aero. in this case, the output 
operation of the first block 260 is completed and thereafter 
the output operation of the second block 280 is begun. 

The value of the block counter 413 is updated to one 
when the value of the bit counter 411 returns to zero, in 
this case, the output operation of the second block 280 is 
completed and thereafter the output operation of a first 
block 260 corresponding to another type of encoded audio 
information is begun. 

The block counter 413 indicates a block of a 
transmission frame to which a signal output from the output 
buffer 451 is related. 

In an example of the present invention, when the 
value of the block counter 413 is zero, the payload length 
Information generating section 432 converts information 
about the frame length of the header Information of the AAC 
stream into the number of bits to generate the first payload 
length information 276 . The generated first payload length 
information 276 is output via the information switching 
section 412 from the output buffer 451. The first payload 
length information 276 has a bit field of 16 bits in the 
first block 260. 

When the value of the block counter 413 is not zero 
(i.e., 1), that is, the second block 280 is transmitted, 
an operation of the data generating section 40 o during the 
time that the value of the bit counter 411 is in the range 
of 0 to 47 Is similar to when the first block 260 is 
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transmitted. 

The payload length information generating 
section 432 generates the second payload length 
Information 296 in a manner similar to that for the first 
payload length information 276, When the entirety of the 
encoded audio information 263 of the transmission frame 250 
is included in the first block 260 while the body portion 282 
in the second block 280 does not store encoded audio 
information, all of the 16 bits of the bit field of the second 
payload length information 296 are zero. Alternatively, 
the second payload length information 296 has a value less 
than a predetermined minimum value. In either case, the 
second payload length information 296 indicates that the 
second payload length of the second body portion 282 is zero . 
The information switching section 412 outputs the second 
payload length information 296 during the time that the 
value of the bit counter 411 is in the range of 48 to 63. 

Since the second payload length is zero, the 
information switching section 412 outputs the stuffing 
information 299 to the output buffer 451 during the time 
that the value of the bit counter 411 is in the range of 
63 to the maximtun value. 

In the above-described operation according to the 
present invention, the signal transmission apparatus 101 
extracts the encoded audio information 263 from the AAC 
stream input to the signal transmission apparatus 101, and 
transmits the extracted encoded audio information 263. 

Similarly, when the transmission frame 200 is 
transmitted , the signal transmis slon apparatus 10 1 
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extract© the encoded audio Information 203 from the AAC 
stream Input to the signal transmiBsion apparatus 101, and 
transmits the extracted encoded audio information 203 . The 
transmission frame 200 is generated in a manner similar to 
the first block 260 of the transmission frame 250* 

Further, the stream buffer 415 may obtain the 
sampling frequency of the data information of the AAC stream 
based on the header information of the AAC stream, and may 
modify the operation of the information switching 
section 412 controlled by the values of the bit counter 411 
and the bit counter 411 based on the obtained sampling 
frequency. 

For example, the bit counter 411 may modify the 
control of the information switching section 412 based on 
data type information output from the data type Information 
generating section 431 • Alternatively, the control of the 
information switching section 412 may be modified based on 
information about the type of data information included in 
the header information of the AAC stream extracted by the 
stream buffer 415. 

With the signal transmission apparatus 101 of this 
example, when the sampling frequencies of encoded audio 
information differ from one another, transmission signals 
having the same repetition time are generated, and the 
transmission signal 104 including encoded audio 
information only in the first block of the two blocks is 
generated. In this case, the signal reception 

apparatus 103 distinguishes a block in the transmission 
signal 104 including encoded audio information from a block 
which does not include encoded audio information, thereby 
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making It poeelble to correctly reoelve information. 

Further, irrespeatlve of the ratios of the 
transmission clock of the digital interface 102 and the 
reception clock of the signal reception apparatus 103 to 
the sampling frequency of the AAC stream, if the transmission 
clock of the digital Interface 102 and the reception clock 
of the signal reception apparatus 103 are constant, the 
signal reception apparatus 103 can receive the transmission 
signal 104 including encoded audio information having a 
different sampling frequency at the same latency. 
Therefore, the signal reception apparatus 103 can be easily 
synchronized with any other apparatus. 

In the above -described example , the AAC stream which 
has been encoded is input to the stream buffer 41S. The 
present Invention Is not limited to this. The data 
generating section 400 may include a device for encoding 
audio information, and the audio information may be directly 
input to the data generating section 400. 

Figure 5 is a diagram showing an exemplary structure 
of the signal reception apparatus 103 of the present 
invention* 

The signal reception apparatus 103 Includes a 
synchronization establishing section 510, an encoded audio 
information extracting section 520, and a payload length 
analyzing section 530. The synchronization establishing 
section 510 includes a bit counter 511, The encoded audio 
information extracting section 520 includes an information 
switching section 521 and a stream buffer 522. 
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Hereinafter, a oaae where the signal reception 
apparatus 103 receives the transmission frame 250 of 
Figiire 3(b) including the first block 260 and the second 
block 280 will be described. 

In the signal reception apparatus 103, the 
synchronization establishing section 510 retrieves the 
first synchronization word information 273 of the 
transmififiion signal 104 input via the digital 
interface 102 . 

After finding the first synchronization word 
information 273 in the first block 260 of the transmission 
frame 250, the synchronization establishing section 510 
analysies the first data type Information 275 included in 
the first management information 271. 

As a result of the analysis, when it is judged that 
an encoding method of the encoded audio information 263 in 
the first block 260 is of a desired type (e.g. , AAC stream) , 
the bit counter 511 of the synchronization establishing 
section 510 is set to zero at Intervals having a size 
correisponding to the repetition time of the signal (in this 
case^ 32768 bits). 

The synchronization establishing section 510 
judges whether synchronization of the transmission 
signal 104 is established. The judgment of the 
synchronization is conducted by determining whether the 
second synchronization word information 293 is present 
after the first block 260 from the retrieved first 
synchronization word information 273, for example. 
Alternatively, the Judgment of- the synchronization is 
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conducted based on whether synchronization word Information 
can be detected in intervals (32768 bits) between the first 
block 260 and the second block 280 in the transmission 
signal 104 five consecutive times . When synchronization is 
established, the bit counter 511 Is set to zero at the head 
of the first synchronization word Information 273, i.e., 
at the starting point of the block 260 indicated by the first 
synchronization word information 273. 

The value of the bit counter 511 is incremented by 
one from zero to the maximum value (i.e. , 32767) every time 
one bit of the first block 260 is input from the digital 
interface 102. The value of the bit counter 511 is reset 
to zero after reaching the maximum value. Therefore, the 
value of the bit counter 511 Is operated in such a manner 
as to be reset to zero at the head of the first 
synchronization word Information 273 of the first 
management information 271, or the head of the second 
synchronization word information 293 of the second 
management information 291. 

When the synchronization establishing section 510 
Judges that synchronization is established, the 
transmission frame 250 is output to the encoded audio 
information extracting section 520. 

In the encoded audio information extracting 
section 520, the information 6witching section 521 
switches the destinations of the transmission frame 250 in 
such a manner as to output either the first payload length 
information 276 of the first block 260 or the second payload 
length information 296 of the second block 280 In the 
transmission frame 250 to the payload length analyzing 
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section 530, based on the value of the bit counter 511 
(specifically, when the bit counter 511 is in the range of 
48 to 63) • 

The payload length analyzing section 530 analyzes 
the first payload length information 276 in the first 
block 260 , or the second payload length information 296 in 
the second block 2S0 to obtain the first payload length or 
the second payload length. 

In an example of the present invention, when the 
value of the bit counter 511 is 48, the payload length 
analyzing section 530 is activated, arid 16 bits of each of 
the first block 260 and the second block 280 corresponding 
to the value range of the bit counter 511 from 48 to 63 are 
analyzed to determine the first payload length and the second 
payload length • 

As a result of the analysis of the payload length 
analyzing section 530, when the payload length is judged 
to be zero, i.e. , encoded audio information is not present 
in the analyzed block, the encoded audio information 
extracting section 520 does not read the transmission 
frame 250 in accordance with a signal from the payload length 
analyzing section 530 until the bit counter 511 is reset 
to zero, i.e., the information switching section 521 in the 
encoded audio information extracting section 520 does not 
output information about a transmission frame to the stream 
buffer 522 when the payload length of a block is zero. 

As a result of the analysis of the payload length 
analyzing section 530, when the payload length is judged 
not to be zero, the information switching section 521 
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outputs encoded audio Information to the stream buffer 522 
based on a signal from the payload length analyzing 
section 530 until the value of the bit counter 511 is changed 
from 64 to the s\im of 64 and the payload length • The stream 
buffer 522 can output encoded audio information in any form. 

In this manner, the signal reception apparatus 103 
can receive encoded audio information transmitted via the 
digital interface 102 and correctly extract only encoded 
audio information. 

In the above- described example, when 
synchronization word information is detected five 
consecutive times in a predetermined repetition time, the 
establishment of synchronization is Judged, The present 
Invention is not limited to five consecutive times . The 
number of times synchronization word information is 
detected may be any value as long as accurate synchronization 
is established. Further, if a similar effect is obtained, 
synchronization word information does not need to be 
consecutively detected. 

In the above- described example, encoded audio 
information having a sampling frequency of 24 kHz or 48 kHz 
is output to the digital interface which is presumed to 
receive encoded audio Information having a sampling 
frequency of 48 kHz. With such a structure, encoded audio 
information having a different sairtpling frequency can be 
transmitted without notification or modification of the 
repetition time of a transmission signal. 

In the above-described example^ the sampling 
frequency of one type of encoded audio information Is 1/2 
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of the sampling frequency of the other type of encoded audio 
Information • The present Invention la not limited to this. 
The present Invention can be applicable when the sampling 
frequency of one type of encoded audio information la 1/N 
of the sampling frequency of the other type of encoded audio 
information . In this case, N is any natural number more than 
or equal to 2 . 

In this case, the number of blocks in a transmission 
frame is N. Out of the N blocks, for example, only the data 
information of a f irat block to be transmitted first Includes 
encoded audio information, and all pieces of data 
information of blocks other than the first block indicate 
that no encoded audio Information is included in the 
respective block. Using such information, encoded audio 
information is extracted from the data information of only 
the first block. 

Hereinafter, a structure of a tranamiasion frame 
when N is other than 2, specifically when N is 4, will be 
described. 

Figure 6 is a diagram showing a structure of a 
transmission frame 600 including four blocks according to 
the present invention. 

It is assumed that, for example, one-frame data of 
encoded audio information 625 obtained by dividing encoded 
audio information having a sampling frequency of 12 kHz into 
frames is transmitted to the digital interface 102 and the 
signal reception apparatus 103 (Figure 1) which are 
presumed to receive encoded audio information having a 
sampling frequency of 48 kHz. In this case, a transmission 
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frame 600 has a etruoture as shown in Figure 6, 

The repetition time between blocks of the 
tranemisBion frame 600 is equal to the repetition time of 
a transmission signal when the one-frame data of encoded 
audio information having a sampling frequency of 46 kHz is 
transmitted to the digital interface 102 and the signal 
reception apparatus 103 which are presumed to receive a 
transmission signal having a sampling frequency of 48 kHz. 

The transmission fra^e 600 includes a first 
block 610, a second block 630, a third block 650, and a 
fourth block 670. 

The first block 610 includes a first header 
portion 611 and a first body portion 612. The first header 
portion 611 stores first management information 621. The 
first body portion 612 stores first data information 622. 
The first management information 621 includes first 
synchronization word information 623 and first side 
information 624. The first data Information 622 Includes 
the encoded audio information 625 and stuffing 
Information 626. 

The second block 630 includes a second header 
portion 631 and a second body portion 632. The second 
header portion 631 stores second management 
infotmation 641 • The second body portion 632 stores second 
data information 642. The second management 

Information 641 includes second synchronization word 
Information 643 and second side Information 644. The 
second data Information 642 Includes stuffing 
Information 645. 
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The third bloak 650 Includes a third header 
portion 651 and a third body portion 652. The third header 
portion 651 stores third management information 661. The 
third body portion 652 stores third data information 662. 
The third management Information 661 includes second third 
synchronization word information 663 and third side 
information 664. The third data information 662 includes 
stuffing information 665. 

The fourth block 670 Includes a fourth header 
portion 671 and a fourth body portion 672. The fourth 
header portion 671 stores fourth management 
information 681. The fourth body portion 672 stores fourth 
data information 682. The fourth management 

information 681 Includes fourth synchronization word 
information 683 and fourth side Information 684. The 
fourth data information 682 includes stuffing 
information 685. 

In this case, the first synchronization word 
information 623 and, the second synchronization word 
information 643 are used to obtain the repetition time 
between the first block 610 and the second block 630. The 
second synchronization word Information 643 and the third 
synchronization word Information 663 are used to obtain the 
repetition time between the second block 630 and the third 
block 650. The third synchronization word information 663 
and the fourth synchronization word information 683 are 
used to obtain the repetition time between the third 
block 650 and the fourth block 670. Further, the fourth 
synchronization word information 683 and the first 
synchronization word infojnnation 623 of an immediately 
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©ubsequerit transmission frame 600 are used to obtain the 
repetition time between the corresponding blocks. 

In the above -de scribed example, since one frame of 
MPEG2 AAC stream Is specifically described, the maximvun 
value of the bit counters 411 (Figure 4) and 511 (Figure 5) 
is 32768 . The present invention is not limited to this . The 
maximum number of the bit counters 411 and 511 is dependent 
on the number of samples included in encoded audio 
information and varies among encoding methods. 

When encoded audio information is other than the AAC 
stream, encoded audio information having different sampling 
frequencies can be transmitted at the same repetition time . 

Therefore, according to the present invention, the 
repetition time between blocks generated from encoded audio 
information having a sampling frequency of 1/N x F is equal 
to the repetition time between blocks generated from encoded 
audio information having a sampling frequency of F. As a 
result, a signal transmission apparatus can transmit 
encoded audio information having a sampling frequency of 
1/N X F and encoded audio information having a sampling 
frequency of F without notifying a signal reception 
apparatus of a change in the repetition time. Therefore, 
when encoding methods of encoded audio information are the 
same and the sampling frequencies are different, 
transmission signals can be defineia by the same data type 
information. 

Furthe;c, the signal reception apparatus, which 
receives a transmission signal generated by the signal 
transmission apparatus or the signal transmission method 
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of the present invention, can retrieve, from a header portion. 
Information indicating whether data stored in the body 
portion of a block is valid so as to Judge whether the data 
stored in the body portion of the block is valid. 

Furthermore, the signal reception apparatus, which 
receives a transmission signal generated by the signal 
transmission apparatus or the signal transmission method 
of the present invention, can extract encoded audio 
information by extracting only the body portion of a first 
output block. In this case, the latency of the signal 
reception apparatus receiving one-frame data of encoded 
audio information is constant. 

Various other modifications will be apparent to and 
can be readily made by those skilled In the art without 
departing from the scope and spirit of this invention. 
Accordingly, it is not intended that the scope of the claims 
appended hereto be limited to the description as set forth 
herein, but rather that the claims be broadly construed. 



